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ABSTRACT: 

PURPOSE: To cancel echo with pseudo echo generated based on the delay time 
of a returned reference signal by sending the reference signal defining the 
specified frequency component of a transmitted signal as a carrier wave. 

CONSTITUTION: A ring buffer 12 samples a transmitted signal T in the cycle 
of 125&mu;s and time sequentially stores amplitude data for 250ms. A reference 
signal generator 2 extracts the fi-equency component of 2400&plusmn;50Hz in the 
transmitted signal and sends out the reference signal modulated by the 
rectangular wave of 250ms as the carrier wave. A level comparator 5 finds an 
amplitude ratio fi'om the amplitudes of the reference signal returned through a 
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BPF 7 and the transmitted reference signal. A phase comparator 10 finds the 
delay time of the transmitted reference signal and the returned reference 
signal. An echo quantity estimator 1 1 specifies correspondent data in the ring 
buffer 12 and outputs the pseudo echo, for which these data are adjusted by the 
amplitude ratio, through an amplifier 13. An adder 14 subtracts the pseudo 
echo fi'om a received audio signal and cancels the received echo. 
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* NOTICES * 

Japan Patent Office is not responsible for any 
damages caused by the use of this translation. 

1 .This document has been translated by computer. So the translation may not reflect the original 
precisely. 

2.**** shows the word which can not be translated. 
3. In the drawings, any words are not translated. 

CLAIMS 
[Claim(s)] 

[Claim 1] An echo canceller which negates an echo signal which is characterized by providing the 
following, and which is formed in a telephone set and included in a sound signal from a distant office A 
voice data storing means to always sample a sound signal transmitted from a local station, and to store in 
time series one by one cyclically A reference signal sending-out means to send out a reference signal 
which extracts a specific frequency component of a sound signal which transmits to said distant office, 
uses as a subcarrier, and is generated periodically A magnitude-comparison means to compare amplitude 
of a this reference signal to send out and a reference signal which returns from said distant office, and to 
ask for a gain A means negate the echo included in the sound signal which subtracted this false echo and 
this received from a phase-comparison means find a time delay of a this reference signal to send out and 
a reference signal which returns from said distant office, a false echo output means adjusts this data 
according to said gain in quest of a predetermined data location of said voice-data storing means from 
this time delay, and output a false echo, and a sound signal received from said distant office 
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DETAILED DESCRIPTION 


[Detailed Description of the Invention] 
[0001] 

[Industrial Application] This invention relates to the echo canceller which negates the echo which 

returns from a distant office through the telephone line. 

[0002] 

[Description of the Prior Art] By the long-distance telephone circuit, since its voice is delayed through 
the telephone equipment of the other party and it returns, it may become an echo and a remarkable 
failure may be done to a message. The equipment for preventing this is an echo canceller, and is 
installed in the transceiver circuit of the main unit of telephone equipment etc. Drawing 3 is the block 
diagram showing the configuration of the conventional echo canceller. The conventional echo canceller 
possesses the FIR filter (non-recursive filter) 30, the renewal section 34 of a coefficient, and an adder 35 
so that it may illustrate, the delay element 31-1 of plurality [ filter 7 30/ (non-recursive filter) / FIR ], 3 1- 
2, amplifier 32-1, 32-2, and ... it has an adder 33, and it is constituted so that the coefficient (gain) of 
the FIR filter 30 may be set up in the renewal section 34 of a coefficient. 
[0003] As for each delay element 3 1-1 of the FIR filter 30, 31-2, and a time delay is set up, it 
connects with a serial from the sending- signal line 36, amplifier 32-1, 32-2, and ... are connected from 
each node, and the output of each amplifier is connected to the input of an adder 33. Furthermore, the 
output of an adder 33 is connected to the input of an adder 35 with the input-signal line 37. The output 
of an adder 35 is connected to the input of the renewal section 34 of a coefficient, and the output of the 
renewal section 34 of a coefficient is connected so that the gain of each amplifier may be adjusted. 
[0004] While a sending signal is transmitted to a station from the sending-signal line 36, it is inputted 
into each amplifier through each delay element 31-1,31-2, and and the output signal of each 
ampUfier is added with an adder 33, and generates false echo signal s. It is inputted into the renewal 
section 34 of a coefficient while reception of the input signal which received by the input-signal line 37 
is carried out, after false echo signal s is subtracted with an adder 35. The renewal section 34 of a 
coefficient possesses CPU (central processing unit), it adjusts the gain of each amplifier so that the echo 
signal included in an input signal may become min, and it outputs false echo signal s with the optimal 
adder 33. The echo signal included in an input signal changes with telephone lines, and optimization of 
false echo signal s is in drawing by learning the renewal section 34 of a coefficient repeatedly for every 
telephone line. 
[0005] 

[Problem(s) to be Solved by the Invention] However, when echo time (time amount until the echo of a 
sending signal returns) was long, the conventional echo canceller described above needed to increase the 
delay element of the FIR filter (non-recursive filter) 30, and the number of amplifier, and the processing 
which optimizes the coefficient (gain) of each amplifier became a huge amount, and it had the problem 
which says that processing becomes impossible in the renewal section 34 of a coefficient. 
[0006] It aims at offering the echo canceller to which this invention was made in view of the above- 
mentioned point, removes the above-mentioned trouble, and is not concerned with the merits and 
demerits of echo time, but cancellation throughput becomes fixed. 
[0007] 

[Means for Solving the Problem] It is the echo canceller which negates an echo signal which this 
invention is prepared in a telephone set in order to solve the above-mentioned technical problem, and is 
included in a sound signal from a distant office. A voice data storing means to always sample a sound 
signal transmitted from a local station, and to store in time series one by one cyclically (12), A reference 
signal sending-out means to send out a reference signal which extracts a specific frequency component 
of a sound signal which transmits to a distant office, uses as a subcarrier, and is generated periodically 
(2), A magnitude-comparison means to compare amplitude of a this reference signal to send out and a 
reference signal which returns from a distant office, and to ask for a gain (5), A phase-comparison 
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means to find a time delay of a this reference signal to send out and a reference signal which returns 
from a distant office (10), A false echo output means to adjust this data according to a gain in quest of a 
predetermined data location of a voice data storing means (12) from this time delay, and to output the 
false echo S (the amount presumption machine 1 1 of echoes, and amplifier 13), It is characterized by 
establishing a means (14) to negate an echo which subtracts this false echo S from a sound signal 
received from a distant office, and is included in a this received sound signal. 
[0008] 

[Function] In this invention, since an echo is presumed by the time delay from the gain at the time of 
transmission of a reference signal, and reception, and transmission of a reference signal to reception, and 
the false echo S is computed from the data of the stored sound signal and it subtracts from the received 
sound signal as explained above, the throughput of a false echo output means becomes fixed regardless 
of the merits and demerits of echo time. Therefore, the message stabilized regardless of the merits and 
demerits of echo time can be expected, without increasing a hardware element like before. Moreover, 
since the subcarrier which sends a reference signal is extracted from a sending signal, its failures, such 
as a noise, also decrease. 
[0009] 

[Example] Hereafter, one example of this invention is explained to details based on a drawing. Drawing 
i is the block diagram showing the configuration of the echo canceller of this invention. The echo 
canceller of this invention possesses a band pass filter 1, the reference signal generator 2, a modulator 3, 
an adder 4, the level comparator 5, a differentiator 6, a band pass filter 7, a wave detector 8, a 
differentiator 9, a phase comparator 10, the amount presumption machine 1 1 of echoes, the ring buffer 
12, amplifier 13, and an adder 14 so that it may illustrate. 

[0010] The sending-signal line 15 is connected to the input of a band pass filter 1, and one input of an 
adder 4, the output of a band pass filter 1 is connected to the input of a modulator 3 with the output of 
the reference signal generator (square wave generator) 2, the output of a modulator 3 is connected to one 
input of an adder 4, and the output of an adder 4 is connected to the output line 16. 
[001 1] The input- signal line 17 is connected to a wave detector 8 through a band pass filter 7 while 
connecting with the input of an adder 14. The output of a wave detector 8 and the output of the reference 
signal generator 2 are connected to the input of a phase comparator 10 through a differentiator 9 and a 
differentiator 6, respectively while connecting with the input of a level comparator 5. 
[0012] The output of a level comparator 5 and the output of a phase comparator 10 are connected to the 
input of the amount presumption machine 1 1 of echoes, and the output is connected to the gain- 
adjustment terminal of the ring buffer 12 and amplifier 13. The sending-signal line 15 is connected to 
the input of the ring buffer 12, the output of the ring buffer 12 is connected to the input of amplifier 13, 
the output of amplifier 13 is connected to the input of an adder 14 with the input-signal line 17, and the 
output of this adder 14 is connected to the input line 18. 

[0013] The ring buffer 12 is storage which always samples a sending signal T (sound signal) with the 
sampling period for 125 microseconds, and stores a minute of data (amplitude) by time series one by 
cyclically for 250ms. 

[0014] Next, actuation is explained. A 2.4kHz**50Hz signal is extracted by the band pass filter 1, the 
output signal is modulated with a modulator 3 with the output signal (square wave in a cycle of 250ms) 
of the reference signal generator 2 (amplitude modulation), the output signal of a modulator 3 is added 
with a sending signal T and an adder 4, and a sending signal T (sound signal) is outputted from an 
output line 16. 

[0015] It is received by the input-signal line 17, and a 2.4kHz* *50Hz signal is extracted through a band 
pass filter 7, a reference signal restores to an input signal R with a wave detector 8, signal amplitude is 
compared by the output signal (square wave in a cycle of 250ms) and level comparator 5 of the 
reference signal generator 2, and the gain at the time of transmission of a reference signal and reception 
is outputted. Furthermore, the signal to which it restored with the wave detector 8 is differentiated with a 
differentiator 9, the output signal of the reference signal generator 2 is differentiated with a differentiator 
6, both standup portions are extracted, a phase is compared by the phase comparator 10, and the time 
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delay from transmission of a reference signal to reception is outputted to the amount presumption 
machine 1 1 of echoes. 

[0016] The amount presumption machine 1 1 of echoes presumes the amount of echoes from the output 
signal (gain) of a level comparator 5, and the output signal (time delay) of a phase comparator 10, and 
generates a false echo signal (details after-mentioned). That is, the location which picks out 
predetermined data from the data (data stored by time series) stored in the ring buffer 12 is specified, 
and the gain of the amplifier 13 which amplifies said data is directed. Amplifier 13 sets up gain 
according to directions of the amount presumption machine 11 of echoes, and outputs the signal (false 
echo signal S) according to said data to an adder 14. An adder 14 subtracts false echo signal S from an 
input signal R, and outputs it to an input line 18. 

[0017] Drawing 2 is a flow chart which shows actuation of the amount presumption machine of echoes. 
The amount presumption machine 1 1 of echoes possesses CPU and memory (it omits by a diagram), and 
the program which performs this flow chart is stored in the memory of the amount presumption machine 
1 1 of echoes, and is performed by CPU. It explains according to the flow chart of drawing 2 . The 
amount presumption machine 1 1 of echoes reads the output signal of a level comparator 5 and a phase 
comparator 10 (step ST 1). 

[0018] The ejection location of the ring buffer 12 is decided based on the output signal of a phase 
comparator 10 (step ST 2). The gain of amplifier 13 is determined based on the output signal of a level 
comparator 5 (step ST 3). The output (output to amplifier 13) of data is directed to the ring buffer 12 
(step ST 4), a setup of gain is directed to amplifier 13, and data is made to output as false echo signal S 
(step ST 5). The above step ST 1 - step ST 5 are repeated and performed. 

[0019] The above-mentioned explanation was Eko-can SENEA by the side of call origination, and the 
band pass filter 1 extracted the signal of a 2.4kHz* *50Hz narrow-band which seldom influences 
perception in a sending signal T (sound signal), and used with the reference signal (square wave in a 
cycle of 250ms), having apphed the modulation. Moreover, the frequency band of Eko-can SENRA by 
the side of a call in should just use 2.6kHz**50Hz, in order to prevent the interference by the side of call 
origination. The frequency and the frequency band on which the above-mentioned reference signal is 
put, and the period (250ms) of a reference signal and the ring buffer size (a part for storing for 250ms) 
relevant to it are the values used as an example, and may use other values. 

[0020] Since according to this example the amount of echoes is presumed by the time delay from the 
gain at the time of transmission of a reference signal, and reception, and transmission of a reference 
signal to reception, false echo-signal S is computed from the data of the stored sound signal and it 
subtracts from an input signal R as explanation was given [ above-mentioned ], regardless of echo time, 
the throughput of the amount presumption machine 1 1 of echoes becomes fixed, and the message 
stabilized regardless of the merits and demerits of the echo time by the telephone line can be expected. 
Moreover, since the subcarrier which sends a reference signal is extracted from a sending signal, its 
failures, such as a noise, also decrease. 
[0021] 

[Effect of the Invention] As explained above, according to this invention, the following outstanding 
effects are expected. Since an echo is presumed by the time delay from the gain at the time of 
transmission of a reference signal, and reception, and transmission of a reference signal to reception, and 
the false echo S is computed from the data of the stored sound signal and it subtracts from the received 
sound signal, the throughput of a false echo output means becomes fixed regardless of the merits and 
demerits of echo time. Therefore, the message stabilized regardless of the merits and demerits of echo 
time can be expected, without increasing a hardware element like before. Moreover, since the subcarrier 
which sends a reference signal is extracted from a sending signal, its failures, such as a noise, also 
decrease. 


http ://www4 . ipdl .j p o . go.j p/cgi -bin/tran_web_cgi_ej j e 


03/15/2004 


Page 1 of 1 


TECHNICAL FIELD 

[Industrial Application] This invention relates to the echo canceller which negates the echo which 
returns from a distant office through the telephone line. 
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PRIOR ART 


[Description of the Prior Art] By the long-distance telephone circuit, since its voice is delayed through 
the telephone equipment of the other party and it returns, it may become an echo and a remarkable 
failure may be done to a message. The equipment for preventing this is an echo canceller, and is 
installed in the transceiver circuit of the main unit of telephone equipment etc. Drawing 3 is the block 
diagram showing the configuration of the conventional echo canceller. The conventional echo canceller 
possesses the FIR filter (non-recursive filter) 30, the renewal section 34 of a coefficient, and an adder 35 
so that it may illustrate, the delay element 31-1 of plurality [ filter / 30 / (non-recursive filter) / FIR ], 3 1- 
2, amplifier 32-1, 32-2, and ... it has an adder 33, and it is constituted so that the coefficient (gain) of 
the FIR filter 30 may be set up in the renewal section 34 of a coefficient. 
[0003] As for each delay element 3 1-1 of the FIR filter 30, 31-2, and a time delay is set up, it 
connects with a serial from the sending-signal line 36, amplifier 32-1, 32-2, and ... are connected from 
each node, and the output of each amplifier is connected to the input of an adder 33. Furthermore, the 
output of an adder 33 is connected to the input of an adder 35 with the input-signal line 37. The output 
of an adder 35 is connected to the input of the renewal section 34 of a coefficient, and the output of the 
renewal section 34 of a coefficient is connected so that the gain of each amplifier may be adjusted. 
[0004] While a sending signal is transmitted to a station from the sending-signal line 36, it is inputted 
into each amplifier through each delay element 31-1,31-2, and and the output signal of each 
amplifier is added with an adder 33, and generates false echo signal s. It is inputted into the renewal 
section 34 of a coefficient while reception of the input signal which received by the input-signal line 37 
is carried out, after false echo signal s is subtracted with an adder 35. The renewal section 34 of a 
coefficient possesses CPU (central processing unit), it adjusts the gain of each amplifier so that the echo 
signal included in an input signal may become min, and it outputs false echo signal s with the optimal 
adder 33. The echo signal included in an input signal changes with telephone lines, and optimization of 
false echo signal s is in drawing by learning the renewal section 34 of a coefficient repeatedly for every 
telephone line. 
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EFFECT OF THE INVENTION 


■rrrrtffirrirfrffrriFfn 


[Effect of the Invention] As explained above, according to this invention, the following outstanding 
effects are expected. Since an echo is presumed by the time delay from the gain at the time of 
transmission of a reference signal, and reception, and transmission of a reference signal to reception, and 
the false echo S is computed from the data of the stored sound signal and it subtracts from the received 
sound signal, the throughput of a false echo output means becomes fixed regardless of the merits and 
demerits of echo time. Therefore, the message stabilized regardless of the merits and demerits of echo 
time can be expected, without increasing a hardware element like before. Moreover, since the subcarrier 
which sends a reference signal is extracted from a sending signal, its failures, such as a noise, also 
decrease. 
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TECHNICAL PROBLEM 


[Problem(s) to be Solved by the Invention] However, when echo time (time amount until the echo of a 
sending signal returns) was long, the conventional echo canceller described above needed to increase the 
delay element of the FIR filter (non-recursive filter) 30, and the number of amplifier, and the processing 
which optimizes the coefficient (gain) of each amplifier became a huge amount, and it had the problem 
which says that processing becomes impossible in the renewal section 34 of a coefficient. 
[0006] It aims at offering the echo canceller to which this invention was made in view of the above- 
mentioned point, removes the above-mentioned trouble, and is not concerned with the merits and 
demerits of echo time, but cancellation throughput becomes fixed. 
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MEANS 

[Means for Solving the Problem] It is the echo canceller which negates an echo signal which this 
invention is prepared in a telephone set in order to solve the above-mentioned technical problem, and is 
included in a sound signal from a distant office. A voice data storing means to always sample a sound 
signal transmitted from a local station, and to store in time series one by one cyclically (12), A reference 
signal sending-out means to send out a reference signal which extracts a specific frequency component 
of a sound signal which transmits to a distant office, uses as a subcarrier, and is generated periodically 
(2), A magnitude-comparison means to compare amplitude of a this reference signal to send out and a 
reference signal which returns from a distant office, and to ask for a gain (5), A phase-comparison 
means to find a time delay of a this reference signal to send out and a reference signal which returns 
from a distant office (10), A false echo output means to adjust this data according to a gain in quest of a 
predetermined data location of a voice data storing means (12) from this time delay, and to output the 
false echo S (the amount presumption machine 1 1 of echoes, and amplifier 13), It is characterized by 
establishing a means (14) to negate an echo which subtracts this false echo S from a sound signal 
received from a distant office, and is included in a this received sound signal. 
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OPERATION 

[Function] In this invention, since an echo is presumed by the time delay from the gain at the time of 
transmission of a reference signal, and reception, and transmission of a reference signal to reception, and 
the false echo S is computed from the data of the stored sound signal and it subtracts from the received 
sound signal as explained above, the throughput of a false echo output means becomes fixed regardless 
of the merits and demerits of echo time. Therefore, the message stabilized regardless of the merits and 
demerits of echo time can be expected, without increasing a hardware element like before. Moreover, 
since the subcarrier which sends a reference signal is extracted from a sending signal, its failures, such 
as a noise, also decrease. 
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EXAMPLE 

[Example] Hereafter, one example of this invention is explained to details based on a drawing. Drawing 
i is the block diagram showing the configuration of the echo canceller of this invention. The echo 
canceller of this invention possesses a band pass filter 1, the reference signal generator 2, a modulator 3, 
an adder 4, the level comparator 5, a differentiator 6, a band pass filter 7, a wave detector 8, a 
differentiator 9, a phase comparator 10, the amount presumption machine 1 1 of echoes, the ring buffer 
12, amplifier 13, and an adder 14 so that it may illustrate. 

[0010] The sending-signal Une 15 is connected to the input of a band pass filter 1, and one input of an 
adder 4, the output of a band pass filter 1 is connected to the input of a modulator 3 with the output of 
the reference signal generator (square wave generator) 2, the output of a modulator 3 is connected to one 
input of an adder 4, and the output of an adder 4 is connected to the output line 16. 
[001 1] The input-signal line 17 is connected to a wave detector 8 through a band pass filter 7 while 
connecting with the input of an adder 14. The output of a wave detector 8 and the output of the reference 
signal generator 2 are connected to the input of a phase comparator 10 through a differentiator 9 and a 
differentiator 6, respectively while connecting with the input of a level comparator 5. 
[0012] The output of a level comparator 5 and the output of a phase comparator 10 are connected to the 
input of the amount presumption machine 1 1 of echoes, and the output is connected to the gain- 
adjustment terminal of the ring buffer 12 and amplifier 13. The sending-signal line 15 is connected to 
the input of the ring buffer 12, the output of the ring buffer 12 is connected to the input of amplifier 13, 
the output of amplifier 13 is connected to the input of an adder 14 with the input-signal line 17, and the 
output of this adder 14 is connected to the input line 18. 

[0013] The ring buffer 12 is storage which always samples a sending signal T (sound signal) with the 
sampling period for 125 microseconds, and stores a minute of data (amplitude) by time series one by 
cyclically for 250ms. 

[0014] Next, actuation is explained. A 2.4kHz**50Hz signal is extracted by the band pass filter 1, the 
output signal is modulated with a modulator 3 with the output signal (square wave in a cycle of 250ms) 
of the reference signal generator 2 (amplitude modulation), the output signal of a modulator 3 is added 
with a sending signal T and an adder 4, and a sending signal T (sound signal) is outputted from an 
output line 16. 

[0015] It is received by the input-signal line 17, and a 2.4kHz**50Hz signal is extracted through a band 
pass filter 7, a reference signal restores to an input signal R with a wave detector 8, signal amplitude is 
compared by the output signal (square wave in a cycle of 250ms) and level comparator 5 of the 
reference signal generator 2, and the gain at the time of transmission of a reference signal and reception 
is outputted. Furthermore, the signal to which it restored with the wave detector 8 is differentiated with a 
differentiator 9, the output signal of the reference signal generator 2 is differentiated with a differentiator 
6, both standup portions are extracted, a phase is compared by the phase comparator 10, and the time 
delay from transmission of a reference signal to reception is outputted to the amount presumption 
machine 1 1 of echoes. 

[0016] The amount presumption machine 1 1 of echoes presumes the amount of echoes from the output 
signal (gain) of a level comparator 5, and the output signal (time delay) of a phase comparator 10, and 
generates a false echo signal (details after-mentioned). That is, the location which picks out 
predetermined data from the data (data stored by time series) stored in the ring buffer 12 is specified, 
and the gain of the amplifier 13 which amplifies said data is directed. Amplifier 13 sets up gain 
according to directions of the amount presumption machine 1 1 of echoes, and outputs the signal (false 
echo signal S) according to said data to an adder 14. An adder 14 subtracts false echo signal S from an 
input signal R, and outputs it to an input line 18. 

[0017] Drawing 2 is a flow chart which shows actuation of the amount presumption machine of echoes. 
The amount presumption machine 1 1 of echoes possesses CPU and memory (it omits by a diagram), and 
the program which performs this flow chart is stored in the memory of the amount presumption machine 
1 1 of echoes, and is performed by CPU. It explains according to the flow chart of drawing 2 . The 


http://www4.ipdl.jpo.go.jp/cgi-bin/tran_web_cgi_ejje 03/15/2004 


Page 2 of 2 


amount presumption machine 1 1 of echoes reads the output signal of a level comparator 5 and a phase 
comparator 10 (step ST 1). 

[0018] The ejection location of the ring buffer 12 is decided based on the output signal of a phase 
comparator 10 (step ST 2), The gain of amplifier 13 is determined based on the output signal of a level 
comparator 5 (step ST 3). The output (output to amplifier 13) of data is directed to the ring buffer 12 
(step ST 4), a setup of gain is directed to amplifier 13, and data is made to output as false echo signal S 
(step ST 5). The above step ST 1 - step ST 5 are repeated and performed. 

[0019] The above-mentioned explanation was Eko-can SENRA by the side of call origination, and the 
band pass filter 1 extracted the signal of a 2.4kHz* *50Hz narrow-band which seldom influences 
perception in a sending signal T (sound signal), and used with the reference signal (square wave in a 
cycle of 250ms), having appUed the modulation. Moreover, the frequency band of Eko-can SENRA by 
the side of a call in should just use 2.6kHz* *50Hz, in order to prevent the interference by the side of call 
origination. The frequency and the frequency band on which the above-mentioned reference signal is 
put, and the period (250ms) of a reference signal and the ring buffer size (a part for storing for 250ms) 
relevant to it are the values used as an example, and may use other values, 

[0020] Since according to this example the amount of echoes is presumed by the time delay from the 
gain at the time of transmission of a reference signal, and reception, and transmission of a reference 
signal to reception, false echo-signal S is computed from the data of the stored sound signal and it 
subtracts from an input signal R as explanation was given [ above-mentioned ], regardless of echo time, 
the throughput of the amount presumption machine 1 1 of echoes becomes fixed, and the message 
stabilized regardless of the merits and demerits of the echo time by the telephone line can be expected. 
Moreover, since the subcarrier which sends a reference signal is extracted from a sending signal, its 
failures, such as a noise, also decrease. 
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DESCRIPTION OF DRAWINGS 


[Brief Description of the Drawings] 

[Drawing 1] It is the block diagram showing the example of a configuration of the echo canceller of this 
invention, 

[Drawing 2] It is the flow chart which shows actuation of the amount presumption machine of echoes. 
[Drawing 3] It is the block diagram showing the example of a configuration of the conventional echo 
canceller. 

[Description of Notations] 

1 Band Pass Filter 

2 Reference Signal Generator 

3 Modulator 

4 Adder 

5 Level Comparator 

6 Differentiator 

7 Band Pass Filter 

8 Wave Detector 

9 Differentiator 

10 Phase Comparator 

1 1 The Amount Presumption Machine of Echoes 

12 Ring Buffer 

13 Amplifier 

14 Adder 
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DRAWINGS 
[Drawing 1] 
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[Drawing 3] 
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